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Solutions to MATLAB Problems

Reading: We will be using MATLAB for verifying homework results, and for use as a design tool
throughout the course. In working the MATLAB problems, turn in a printout of your results, a
copy of the MATLAB code you developed to work the problem, as well as any additional comments
you'd like to add.

If you are not already familiar with MATLAB , we warmly recommend that you look over the tu-
torial MatlabTutorial written by former TA Carlos Taveras (based on an earlier tutorial by John
Shi). It is posted on the course website. In addition, there are a number of tutorials on the Web
that may be found easily by Googling something like MATLAB intro or MATLAB tutorial.

In working the MATLAB problems, turn in a printout of your results, a copy of the MATLAB code
you developed to work the problem, as well as any additional comments you’d like to add. Please
use the MATLAB command publish to publish the MATLAB code.

Problem C2.1: In this problem you will develop a MATLAB routine that evaluates DTFTs and
you will use it to check your results in Problem 2.1. Please also look over the documentation for the
MATLAB routine freqz. This M-file will be used frequently when you are describing the frequency
response of an LSI system.

You will be given a main file called main_2_1.m that you must complete.

(a) Write a short MATLAB script called dtft_491.m that calculates the DTFT of discrete-time
functions. The function should begin with the descriptive preamble

function [X] = dtft_491(x,n,w)
% Computes Discrete-time Fourier Transform
% [X] = dtft_491(x,n,w)
b
% X = DTFT values computed at frequencies w
% x is a finite-duration sequence over n
% n is the vector of "time" values over which the computation is
% performed
% w is a vector of frequencies used in the output

(b) Use your function to compute and display the magnitude and phase of the DTFTs you developed
in Problem 2.1. Note that these results will be inexact because the time functions in Problem 2.1
are generally infinite in duration, and because the frequency responses in some cases are impulsive.
Nevertheless, try to explore values of the vectors n and w that provide reasonable approximations.
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(c¢) Compare the results you get using the function you developed with the results provided by the
built in MATLAB function freqz. Note that freqz uses normalized frequency, and returns the
magnitude in decibels, at least using the default inputs. Look over the help file for freqz to find
out how to store the results in a variable, which you then can plot in any fashion desired.

What you will upload for the Gradescope MATLAB submission:

e main 2 _1.m
e dtft_491.m
e All of the plots

e Answers to all of the questions

Problem C2.2:

We developed the unit sample response for an ideal lowpass filter in class on January 24, and
you obtained the corresponding unit sample responses for ideal highpass and bandpass filters in
Problem 2.3. A fundamental problem with all of these unit sample responses is that they are (in
principle) nonzero for all n from —oo to oo.

In this problem we will explore one easy way of using your answers for Problem 2.3 as the basis of
a practical realizable digital filter. Specifically, we will truncate both tails of the ideal unit sample
responses equally on both ends and then delaying the resulting finite-duration sample response
enough to make it causal. (This approach is a special case of the window design method, which
will be discussed in detail later in the semester.) For example, in the case of the lowpass filter, we
would do the following:

_ [ hepln], —N<n<N
1. hy[n] = { 0, otherwise

m(n—N)

sin(we(n—N)) <<
2.h[n]:hN[n—N]:{ » Osn<2N

0, otherwise

You will be given a main file called main_2_2.m that you must complete.

(a) Write a simple MATLAB function called lowpass_491.m that implements the lowpass filter h[n]
with w. and N as input arguments.

1. Display the frequency response of your filter using the command freqz(h,1). As noted
above, the magnitude is in decibels.
2. What is the effect of changing the values of the parameters w, and N? How would you decide

how to select numerical values for these parameters?
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(b) Now we will consider the impact of your lowpass filter on audio input. Read in a short clip of
audio using the commands:

[x,fs] = audioread(’PSO_Blshort.wav’); % read in audio excerpt
x = mean(x,2); % convert it to mono

Use a value of w, = 7/4 and a value of your choosing for N. (Because the sampling rate fs is 11025
Hz, this value of w. corresponds to an actual cutoff frequency of 2756.25 Hz, as we will discuss
later in the semester.) Convolve the audio signal x with your filter response h using the MATLAB
command y = conv(x,h).

1. Listen to the first two seconds of the audio before and after filtering using the MATLAB
commands

soundsc (x(1:2xfs) ,fs)
pause(2)
soundsc(y(1:2*fs) ,fs)

To what extent does it appear that the filter is performing as expected?

2. Compare the spectrograms of the first two seconds of the audio before and after filtering using
the commands:

subplot(2,1,1),specgram(x(1:2*fs), [],fs)
subplot(2,1,2),specgram(y(1:2xfs), []1,fs)

Note: MATLAB is phasing out the function specgram in favor of the far less intuitive function
spectrogram. The following commands should produce the same result, at least for now:

e specgram(x, [],fs)

e spectrogram(x,hamming(320),160, [],fs,’yaxis’); colormap jet; colorbar off;

What to upload for your Gradescope MATLAB submission:

e main 2 2.m
e lowpass_491.m
e Answers to all the questions

e All of the plots
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Solutions to MATLAB Problems

Problem C2.1:
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question: C2.1

file: main 2 1.m

written: 9/16/2025 - bmunkres (partially based on past solutions)

o0 o° o° oP

create baseline n and w vectors

must be sufficiently large to allow accurate approximation of actual dtft
= -100:100;

linspace(-pi, pi, 500);

S B o0 o

% define unitstep helper function
unitstep = @(x) (x >= 0);

% create helper function to generate plots
function plot_dtft comparison(dtft fn, x, n, w, part_name)
% Plot comparison of dtft function with freqz

%

$ dtft fn : function handle of dtft function, called as dtft fn(x, n, w)
% x : x[n] input signal

% n : index values for dtft computation, must be ordered

$ w : vector of desired frequency points to compute dtft at

% compute DTFT using provided function
X dtft = dtft_fn(x, n, w);

% compute dtft using freqz
[X_freqz, w_freqz] = freqz(x, 1, length(w), "whole");

% correct phase shift from freqz assuming n[0] = 0 using dtft
% properties
X freqz = exp(-1j*n(l).*w_freqz) .* X freqz;

% force range of w_freqz to be -pi to pi instead of 0 to 2pi
w_freqz(w_freqz > pi) = w_freqz(w_freqz > pi) - 2*pi;

X freqz = circshift(X freqz, floor((length(w) - 1)/2));
w_freqz = circshift(w_freqz, floor((length(w) - 1)/2));

% create figure with desired aspect ratio and tiled layout
figure('Position', [100, 100, 1200, 600])

tiledlayout(1l, 2)

% set default linewidth

set(gcf, 'DefaultLineLineWidth', 2);

nexttile

% plot magnitude of both dtfts (vs w/pi to make easier to read)
hold on
plot(w/pi, abs(X dtft), 'LineStyle','-', 'DisplayName', "dtft491");
plot(w_freqz/pi, abs(X freqz), 'LineStyle',':', ...
'DisplayName’', "freqz");
hold off
legend
xlabel("\omega / \pi");




ylabel (" |X(e"{j\omega)}|");

titlestr = sprintf("Magnitude of dtft491 and freqz, Part %s", ...
part_name);

title(titlestr);

% plot phase of both dtfts

nexttile

hold on

plot(w/pi, angle(X dtft), 'LineStyle','-', 'DisplayName', "dtft491");

plot(w_freqz/pi, angle(X freqz), 'LineStyle', ':', ...

'DisplayName', "freqz");

hold off

legend

xlabel("\omega / \pi");

ylabel("\angle X(e"{j\omega)} (radians)");

titlestr = sprintf("Magnitude of dtft491 and freqgz, Part %s", ...
part name);

title(titlestr);

end

% Compare for x[n] from 2.1 parts a) - e)
Part a):

x = 3 * power(5, -abs(n-2));
plot dtft comparison(@dtft 491, x, n, w, "a)");

Magnitude of dtft491 and freqz, Part a) Magnitude of dtft491 and freqz, Part a)

dtft491
------- freqz =mexwas froqz

451

351

[X(e"]
X(e) (radians)

251

Part b):

alpha = 0.8; % arbitrary alpha, w 0 and phi values
w 0 = 2*pi/5;
phi = pi/3;




x = (alpha.”n).*cos(w_0*n + phi).*unitstep(n);
plot dtft comparison(@dtft 491, x, n, w, "b)");
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Part ¢)

X = 7*ones(size(n));

% NOTE: phase may not completley match at low magnitudes (most

% of this one) due to FP precision error and differning calculation methods
plot dtft comparison(@dtft 491, x, n, w, "c)");

Magnitude of dtft491 and freqz, Part c) Magnitude of dtft491 and freqz, Part c)
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Part d)
w 0 = 2*pi/5; % arbitrary w 0, phi, and A values
phi = pi/3;




A = 3;

X A*cos(w_0*n + phi);

% NOTE: phase may not completley match at low magnitudes (most

% of this one) due to FP precision error and differning calculation methods
plot dtft comparison(@dtft 491, x, n, w, "d)");

250 Magnitude of dtft491 and freqz, Part d) 4 Magnitude of dtft491 and freqz, Part d)

dift491
------- freqz =meseas froqz
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Part e)

w 0 = 2*pi/5; % arbitrary w 0, phi, and A values
phi = pi/3;

A = 3;

x = A*sin(w_0*n + phi) .* (unitstep(n) - unitstep(n-9));
plot dtft comparison(@dtft 491, x, n, w, "e)");




15 Magnitude of dtft491 and freqz, Part e) A Magnitude of dtft491 and freqz, Part e)

[X(e*)|

£ X(e (radians)
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% 18-491/691 Problem Set 2 Solutions
% question: C2.1

% file: dtft 491.m

% written: 9/16/2025 - bmunkres

function [X] = dtft 491(x,n,w)
Computes Discrete-time Fourier Transform
[X] = dtft 491(x,n,w)

X = DTFT values computed at frequencies w

x is a finite-duration sequence over n

n is the vector of "time" values over which the computation is
performed

%
%
%
%
%
%
%
% w is a vector of frequencies used in the output

% force all inputs to be column vectors
X = x(2);
n =mn(:);
w = w(:);

% n and x must have the same number of elements
if size(x) ~= size(n)

error("x and n must have same number of elements");
end

% using matrix multiplication
creating matrix of complex exponentials to multiply with vector x
= exp(-1j*w * n.') * x;

X oo

can also use for loops such as:
X = zeros(size(w));
for k = 1l:length(w)
X(k) = sum(x .* exp(-lj*w(k)*n));
end

00 00 o0 0P o

or do one value of x at a time:
X = zeros(size(w));
for 1 = 1l:1length(n)
X =X+ x(1l) * exp(-1j*n(1l).*w);
end

00 00 00 00 oo

or even do a double for loop:
X = zeros(size(w));
for k = l:length(w)
for 1 = 1l:1length(n)
X(k) = X 4(k) + x(1) * exp(-1j*w(k)*n(1l));
end
end

00 00 00 00 00 00 o

end

Not enough input arguments.

Error in dtft 491 (line 17)




X = x(2);

AAAA
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Problem C2.2:
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$ DSP 18491/691 Spring 2024 HW 2 MATLAB Problems
% This file should run perfectly without any errors

% Problem C2.2

close all
clear all

a)

figure
wc = pi/4;
N = 15;

h = lowpass_491(wc,N);

freqgz(h,1l); % display frequency response of the LPF

title( ...

'Frequency response of the lowpass491, wc = \pi/4, N = 15')

% ANSWER: The parameter wc determines the the cutoff frequency of the

$ filter. The parameter N determines the steepness of the transition

% between the passband and the stopband. We will discuss these issues in
% detail later in the semester.

Frequency response of the lowpass491, wc = 7/4,N = 15
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b)

% Considering the impact of the LPF on input audio

[x,fs] = audioread('PSO Blshort.wav'); % read in audio excerpt
X = mean(x,2); % convert it to mono

wc = pi/4;
y = conv(x,h);

soundsc(x(1l:2*fs),£fs)
pause(2)
soundsc(y(l:2*fs),£fs)

figure

subplot(2,1,1),specgram(x(l:2*fs),[],£fs)
title('Spectrogram of the original sound file')
subplot(2,1,2),specgram(y(l:2*fs),[],£fs)
title('Spectrogram of the lowpass filtered sound file')

% ANSWER: The filter is a pretty mediocre filter but it does the job, sort
% of. You can hear that the high-frequency components are a bit
% attenuated and you can also see it in the spectrograms.

02 04 08 08 1 12 14 16 18
Time

Spectrogram of the lowpass filtered sound file




function [ h ] = lowpass_491( wc, N )
% This function computes the sinc by hand for the arguments in question

n = 0:2*N;

h = sin(wc.*(n-N))./(pi*(n-N));

h(N+1) = wc/pi; % inserting the solution for the 0/0 case by hand
end

Not enough input arguments.

Error in lowpass 491 (line 4)
n = 0:2*N;
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